A blind method for suppressing late reverberation from speech and audio signals is presented. The proposed technique operates both on the spectral and on the sub-band domains employing a single input channel. At first, a preliminary rough clean signal estimation is required and for this, any standard technique may be applied; however here the estimate is obtained through spectral subtraction. Then, an auditory masking model is employed in sub-bands to extract the reverberation masking index (RMI) which identifies signal regions with perceived alterations due to late reverberation. Utilizing a selective signal processing technique only these regions are suppressed through sub-band temporal envelope filtering based on analytical expressions. Objective and subjective measures indicate that the proposed method achieves significant late reverberation suppression for both speech and music signals over a wide range of reverberation time (RT) scenarios.
I. INTRODUCTION
In many engineering applications, reverberation is usually considered as an unwanted distortion that deteriorates the quality of acoustic signals. Reducing or completely removing reverberation from audio and speech signals has been a challenging research issue for at least four decades. 1, 2 For this purpose, blind or non-blind dereverberation techniques have been developed, utilizing single or multiple input channels. In most of these past research efforts, room reverberation was regarded as the combination of early reflections and late reverberation. In room acoustics, early reflections are considered to result mainly from spectral degradation which is perceived as coloration, 3, 4 whereas late reverberation is a statistical parameter which produces a decaying noise-like effect generated by the signal's reverberant tails. 4, 5 Most dereverberation techniques usually handle separately the early and late reverberant signal components.
Inverse filtering of the room impulse response (RIR) [6] [7] [8] is mainly used to minimize the coloration effect produced by the early reflections. In theory, an ideal RIR inversion will completely remove the effect of reverberation (both early and late reflections). However, the RIR is known to have non minimum phase characteristics 8 and the non-causal nature of the inverse filter may introduce significant artifacts especially since exact measurements of the RIR must be available for the specific source/receiver room position. Many techniques avoiding the above limitations have been proposed. [8] [9] [10] [11] [12] [13] [14] Spectral enhancement techniques have also been developed in order to suppress reverberation starting with a multimicrophone reverberation reducing method proposed by Flanagan and Lummis, 1 which was later extended by Allen et al. 15 Recently, spectral subtraction (e.g., Refs. 16 and 17) has been used to suppress the effect of late reverberation (e.g., Refs. [18] [19] [20] . In order to obtain the clean signal estimation, the reverberant tail is usually considered as an additive noise and its estimation is subtracted from the reverberant signal. Hence from this perspective, the problem is deduced to an estimation of the short-time spectrum of late reverberation. The method proposed by Lebart et al. 19 is based on an exponential reverberation decay model to derive an estimate of the late reverberant energy. Wu and Wang 20 utilize an heuristic function, while Furuya and Kataoka 18 assume that late reverberation is a linear combination of filtered versions of the previous frames.
Another class of techniques aiming to compensate mostly for late reverberation is based on temporal envelope filtering (e.g., Ref. 21) . They are mainly motivated from the concept of modulation index 22 which is reduced when the late reverberation tails fill the low-energy regions of a signal (e.g., Ref. 23 ). Mourjopoulos and Hammond 24 showed that dereverberation of speech can be achieved by deconvolution of envelope in frequency sub-bands. Furthermore, the temporal envelope filtering principle has been found to be advantageous when used in conjunction with other techniques such as linear prediction (LP) residual enhancement 25 and spectral subtraction. 26 Most recent dereverberation techniques have been developed specifically for speech signals since reverberation (and essentially late reverberation) is known to reduce speech intelligibility and deteriorate the performance of automatic speech recognition (ASR) systems. 27 However, such dereverberation techniques developed for speech are not always appropriate for processing broadband audio signals (e.g., music) since these have broader frequency range, sharper transient structure, and also since the typical statistical assumptions made for speech are not always valid for music (e.g., stationarity for frames shorter than 20 ms). 16 Furthermore, music is often reproduced in big auditoria and thus longer reverberation time (RT) values are usually involved. In addition, for most speech applications, a deterioration of signal's quality might, in principle, be acceptable after dereverberation if an increase in ASR performance can be achieved. On the contrary, in realistic sound engineering scenarios, the quality of the produced dereverberated signal should not be compromised. Dereverberation of music signals can be useful in many audio applications such as post-processing of recorded signals, in active music listening systems, as well as in music signal classification, in automatic music transcription, analysis, and melody detection. 28, 29 This work introduces a novel unified approach for blind, single-channel late reverberation suppression which is appropriate for both speech and audio signals. The proposed technique involves signal processing both in the spectral and sub-band domains and incorporates an auditory masking model in order to derive a perceptually compliant clean signal estimation. This model is used to identify signal regions where late reverberation is perceptually prominent as opposed to signal parts where reverberation is masked and hence not audible. A hybrid sub-band gain filtering is performed aiming to reduce reverberation mainly on those critically degraded signal components. The proposed technique is evaluated through objective and subjective tests and it is found adequate for suppressing late reverberation for both speech and audio signals.
The remainder of the paper is organized as follows. In Sec. II A, a brief overview of the proposed method is given, and in Sec. II B, the rough spectral estimators are described. Then the main principles of the perceptual modeling of reverberation based on a computational auditory masking model (CAMM) (Refs. 30 and 31) and the reverberation masking index (RMI) (Ref. 32 ) are explained and the complete algorithm is described. Experimental results and the objective and subjective evaluations are presented in Sec. III. Finally, the results are discussed and a conclusion is given in Sec. IV.
II. THE PROPOSED METHOD

A. Method overview
As a starting point for the proposed method, modified versions 33 of two state-of-the-art spectral subtraction algorithms 18, 19 are used in order to provide rough estimations of the clean signal. The modifications made by the authors on these state-of-the-art algorithms were originally proposed for speech signals. However, here they are shown to be advantageous when implemented on music signals also. Next, after the employment of the CAMM, 30, 31 these rough estimations are used to derive an approximation of the RMI time-frequency map which provides a perceptual measure of reverberation distortion throughout the signal's evolution. 32, 34, 35 From this map, the perceptually important reverberant signal regions are located and suppressed through sub-band envelope filtering, the gain functions for each sub-band being calculated through novel analytical expressions. For derivation of these filtering gain functions, the proposed approach takes into account a rough estimate of the RT, the crest factor of each sub-band, and the RMI values for the signal area of interest, which are all used as indicators of the severity of the reverberation degradation.
Hence, the main processing steps of the proposed method are the following (see Fig. 1): (a) A blind approximation of the RT 60 is made through a hybrid approach 36 combining the techniques described in earlier works. 37, 38 (b) A rough blind estimation of the clean signal s e (n) is derived (n being the time index) in order to evaluate an RMI approximation. To this end, any traditional technique may be employed; however, here two reference spectral subtraction methods are employed 18, 19 complemented with the additional modifications proposed by the authors in Ref. 33 .
(c) An estimation of the RMI D 0 k (n) in each sub-band is derived, which is utilized to identify the signal regions that contain perceptually significant amount of late reverberation (k being the sub-band number). For this, the time domain rough clean signal estimations s e (n) together with the reverberant signal y(n) are used as inputs in the CAMM.
(d) A temporal envelope filtering stage is implemented where the previously defined signal regions are further processed via a novel sub-band technique in order to obtain the final clean signal estimation s f (n).
B. Rough clean signal spectral estimators
The modified spectral subtraction methods 18, 19, 33 employed here obtain the short-time spectrum of the estimated clean signal S e (x, j) by subtracting an estimate of short-time spectrum of late reverberation R(x, j) from the short-time spectrum of the reverberant signal Y(x, j), i.e., S e ðx; jÞ ¼ Yðx; jÞ À Rðx; jÞ;
(1) where x and j refer to the frequency bin and the time index, respectively. However, spectral subtraction methods tend to degrade to a larger extent at low-level signal regions and signal transients 33 and also result to musical noise 36, 39 In Ref. 33 , the authors have proposed the implementation of two relaxation criteria together with a perceptually motivated non linear filtering stage 40 in order to address these problems and improve the estimation of the reverberation spectrum. These criteria have been proven to be advantageous when used in speech applications 33 and are also found beneficial with broadband music signals. An outline of these modified spectral subtraction methods is given below:
(a) Following the impulse response modeling method (IRMM), 19 the RIR is modeled as a discrete non-stationary stochastic process. The short-time spectral magnitude of the reverberation is estimated as
where jSNR pri (x, j)j is the a priori signal to noise ratio (SNR) that can be approximated by a moving average of the a posteriori SNR j SNR post (x, j) j in each frame:
The spectral magnitude of the clean signal is derived by subtraction and combined with the phase of the reverberant signal in order to produce the clean time domain estimation through overlap add.
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(b) The signal statistics modeling method (SSMM) 18 was originally proposed to perform late reverberation suppression exclusively for speech signals, and the short-time power spectrum of late reverberation in each frame can be estimated as the sum of filtered versions of the previous frames of the clean signal's short-time power spectrum:
where the coefficients of late reverberation a l (x, j) are derived from a l ðx; jÞ ¼ E Yðx; jÞY Ã ðx; j À lÞ
Then, a first estimation of the clean signal s 0 (n) in the time domain can be derived through overlap add from the shorttime spectrum of the dereverberated signal S 0 (x, j), 
As mentioned, the two relaxation criteria have been developed and are employed in order to compensate for possible estimation errors of these methods: (i) The power relaxation criterion aims to correct the over-estimation of late reverberation on signal onsets as these parts are usually less affected by late reverberation. 26 According to this, the short-time power spectrum of each frame of the reverberant signal P Y j is calculated and compared to the short-time spectrum of the previous frame P Y jÀ1 . When their difference exceeds a pre-determined threshold of A dB, then the short-time spectral magnitude estimation is reduced by a relaxation factor r p ,
Natural speech has usually a crest factor of about 12 dB, whilst music signals may have a crest factor of 18-20 dB (Ref. 41 ) and consequently the temporal envelope of music signals contains sharper peaks than the temporal envelope of speech. Therefore, the above constraint can be useful for processing music signals.
(ii) The normalized cross-correlation relaxation criterion was originally proposed to deal with the distortions that spectral subtraction algorithms may introduce to successive frames of the reverberant signal presenting strong correlation values (i.e., practically when they are almost identical). In speech signals, extreme values of correlation between frames may appear in the case of prolonged phonemes 33 but with music signals such extremely correlated frames may appear more frequently, as a result of sustained notes. The normalized cross-correlation A between successive frames is calculated, and the short-time spectral magnitude of the reverberation is directly constrained according to its value
In order to derive Eqs. (4)- (6), the authors of Ref. 18 assume speech frames that have been decolorated in advance through blind multichannel deconvolution. Since here, the modified version of the method is used to perform late reverberation suppression in broadband music signals as well, the previously described relaxation criteria improve the estimation, but the process may still introduce artifacts. However, the proposed technique does not necessitate an exact preliminary estimation of the clean signal (see Sec. IV A) and can produce adequate results even when the chosen method fails to provide an accurate estimate (see Sec. III).
C. The CAMM and the RMI
The proposed technique employs a CAMM in order to evaluate the signal regions that contain a perceptually significant amount of late reverberation. This CAMM as introduced by Buchholz and Mourjopoulos 30, 31 assumes two inputs: a masker and a masker plus test signal and follows two stages: (i) a preprocessing stage which extracts the corresponding auditory internal representations from the two inputs and (ii) a decision device (DD) stage, which determines whether the test signal is audible or not based on the previously derived internal representations. These internal representations illustrate a transformation from the physical to the psychophysical (internal) domain. 42 The analysis made by the CAMM can be used to model the perceived reverberation distortions and to extract the RMI (Ref. 32) in the sub-band domain. In this case, as inputs to the model used are the anechoic reference (or its rough estimate) and the reverberant signal (assuming that reverberation is the model's test signal); output is then the RMI which is a measure of the severity of the reverberation degradation. 32 This formulation of the CAMM is utilized here by the proposed late reverberation suppression technique.
The CAMM is mainly based on psychoacoustic masking data, although it is also related to some physiological aspects of the human auditory system. As it is essentially related to the frequency analysis performed in the basilar membrane, the input signals are fed into an auditory filterbank and hence any subsequent analysis and processing is performed in the temporal sub-band domain. Then, the full wave rectification and low-pass filtering are performed related to the mechanical to neural transduction realized by the inner hair cells. The CAMM assumes that a dynamic compression of the amplitude of each input signal is performed; hence a signal dependent compression (SDC) module is also implemented to describe such signal-adaptation related effects. After this stage, a temporal integrator is used (first order low-pass filter with a cut off frequency of 4 Hz) to compensate for the signal duration dependency of the simultaneous masking threshold, as determined by psychoacoustic results. Then, the resulting internal representations of the input signals are fed into a DD together with a set of static thresholds. When the internal representation difference is below the corresponding threshold, the test signal is considered to be masked; otherwise it is considered audible.
As mentioned above, for the RMI analysis made by the CAMM (Ref. 
The derived RMI represents an estimate of the perceived alterations mainly due to late reverberation which is acting as masking noise on the original clean signal (or its estimate). For this, the CAMM is considered as more suitable than the corresponding frequency-domain block-based masking models to analyze the largely temporal late reverberation effects. The RMI has been found to account for room acoustics characteristics, the value of RMI increases with RT. But being signal-dependent, it was also found to vary along the time signal's evolution and as expected to increase during the decay of the reverberation tail. 32 Note that since the technique proposed here is blind, the clean signal is not available and the rough estimation (derived as described in Sec. II B) is used instead, the exact RMI value in each sample cannot always be precisely estimated.
However, even inaccurate preliminary estimations appear to locate sufficiently the RMI local maxima and minima, mainly since the signal onsets are preserved after the implementation of the power relaxation criterion. This property of the proposed approach allows for robust definition of the signal regions that will be subsequently processed (see Sec. II D). In addition, the results show that the analytical expressions of the sub-band gain functions [described later via Eqs. (11)- (13)] can compensate to a large extent for any possible rough clean signal and RMI estimation errors; so that the proposed method can, in almost every case, improve on these initial clean signal estimations (see Sec. III).
D. Proposed temporal envelope filtering
After the estimations of the RT 60 and the rough clean signal, the reverberant signal is analyzed in sub-bands and the crest factor Cf k in each sub-band is calculated. The crest factor is defined as the peak value of any signal relative to its root-mean-square (rms) value: 43 Cf ¼ maxðxðnÞÞ
Note that for real-time implementations, an estimation of both the crest factor and the RT can be derived from short signal segments. As described earlier, the RMI in each sub-band is employed as an indicator of reverberation distortion so that signal regions that contain perceptually significant components of late reverberation are located. In Fig. 2(a) , the typical representations of reverberant and anechoic signal in a single sub-band are shown. The corresponding RMI function D k (n) and its local extrema are presented in Fig.  2(b) . It can be observed that reverberant signal tails can be identified by the D k (n). Signal regions between a local RMI maximum and a subsequent local minimum correspond to signal offsets typically containing perceptually detectable late reverberation energy. Based on this observation, a novel selective signal processing approach is adopted here, which affects only such signal regions while leaving the other signal components intact. This is realized by deriving appropriate envelope gain functions in each sub-band as is shown in Figs. 2(c) and 2(d) . In this way, artifacts that may be introduced on signal portions that do not contain significant late reverberation are less likely to be introduced.
To express this formally, having identified the signal regions that must be further processed, a gain function G j ðnÞ is introduced that will apply only in these sub-band signal components, through a novel heuristic approach. Let L k be the total number of local D 0 k (n) extrema in a sub-band, M j (i) and m k (i) are the time intervals where each local maximum and the succeeding local minimum occurs, respectively. We define m j (0) ¼ 0 and i to designate consecutive pairs of local extrema. By assuming that silence precedes and follows each sound segment, the first and the last local extremum of each D 0 k (n) will be a local minimum (e.g., Fig. 2) .
where, G k (i) being the value of the gain function at each local maximum,
and g k (i) being the value of the gain function at the consecutive local minimum,
and H being the heaviside step function,
A simple moving average smoothing is also performed in order to avoid temporal discontinuities that will result in audible distortion. Naturally, higher RT 60 values denote increased degradation from late reverberation and result to lower G k (i) values. On the other hand, the crest factor Cf k quantifies the depth of modulation of the temporal envelope and reflects the waveform "peakiness. 43 " A low crest factor value indicates a flatter temporal envelope, while a higher value points to a waveform with strong peaks and intermediate low-level signal regions which are most likely to be afflicted by late reverberation. Hence, the temporal envelope of high crest factor signals is more likely to be significantly degraded, while the low crest factor signals will be less affected by late reverberation. This assumption is used in Eq. (12) in order to predict the severity of the degradation produced by reverberation.
Clearly, the gain function G k ðnÞ decays exponentially between G k (i) and g k (i) during signal regions that are identified to contain perceptually detectable reverberation energy and remains 1 otherwise, hence G k ðnÞ, G k (i), and g k (i) are bounded between 0 and 1. Note that lower values of G k (i) result to sharp reverberation attenuation, while the higher values lead to a smoother envelope function. On the other hand, the value of g k (i) that affects the end point of each decay controls the intensity of the attenuation across time. Therefore, each decaying function starts at a local maximum of the RMI and decreases inversely, proportionally to the previously evaluated RT 60 and Cf k values. The ending point of the decaying function depends on the D (12) and (13) are constants that control the rate of late reverberation suppression. Note that c 1 is proportional to G k (n), higher c 1 values resulting to smoother reverberation reduction. On the other hand, a high c 2 value leads to a decreased g k (n) and consequently to more drastic suppression.
III. TESTS AND RESULTS
A. Method implementation
For the tests, a signal dataset was generated consisting of anechoic music and speech signals sampled at 44.1 kHz with a resolution of 16 bits. 44 The test samples were excerpts of (i) percussion (bongos), (ii) acoustic guitar, (iii) cello, and (iv) male and female speech. In addition, the impulse responses of five rooms, ranging from a small dressing room to a big auditorium, were measured for a source--receiver distance of 1 m. The properties and names of the measured rooms are presented in Table I and the values of the method parameters are shown in the Appendix A. The corresponding reverberant audio and speech signals were produced by convolution. As the proposed approach does not intend to compensate for the spectral coloration which is mainly generated by the RIRs' early reflections, these reverberant signals were equalized by inverse-filtering via the 1/3 octave smoothed minimum phase version of the impulse responses. Thereafter such signals will be called as equalized reverberant signals. 45 As mentioned before, numerous late reverberation suppression methods have been proposed for speech but very few for broadband music signals. In order to thoroughly evaluate the proposed technique, separate assessment tests have been realized for both the cases of (i) music and (ii) speech signals. The processed music signals were assessed in terms of spectrogram improvement, signal to reverberation ratio (SRR), and noise to mask ratio (NMR) (Sec. III B), while the speech signals were assessed using the cepstral difference and the perceptual evaluation of speech quality measure (PESQ) (Sec. III C). For the music signal tests, the reference techniques used for the comparison were the IRMM (Ref. 19) 20 were also used. The Wu and Wang method is briefly described in the Appendix B. Finally, a subjective evaluation both for music and speech signals was performed by conducting a modified multiple stimulus with hidden reference anchors (MUSHRA) test. Corresponding audio demos for the above cases can be found in the authors' website. 46 
B. Objective evaluation for broadband signals
Spectrogram evaluation
In Fig. 3 , typical spectrograms are shown of: (a) anechoic percussion sample (bongos), (b) equalized reverberant signal (RT 60 ¼ 1.47 s), (c) clean signal obtained with the proposed method utilizing the modified SSMM rough estimation, and (d) clean signal obtained with the proposed method utilizing the modified IRMM rough estimation. By comparing Figs. 3(a) and 3(b) , the smearing effect of the late reverberation can be seen, the silence parts between the percussion beats of the anechoic sample being largely dominated by late reverberant tails. In Figs. 3(c) and 3(d) , it can be seen that both variants of the proposed method substantially reduce late reverberation. Furthermore, there are no significant degradations in the recovered clean signals when compared to the actual anechoic signal. 
Segmental SRR evaluation
The segmental SRR (Refs. 18 and 26) is equivalent to the SNR when reverberation is considered as noise. Thus, the SRR of the m th frame is defined as 
where s d (n) is the direct signal (produced by the convolution of the anechoic signal and direct part of the impulse response), sðnÞ is the reverberant or the enhanced signal, N is the total number of signal samples, and R is the frame rate in samples. The mean SRR is derived by averaging SRR(m) over all the non-silence frames. The mean SRR difference between the estimated clean signal and the reverberant signal is calculated as
Note that positive SRR differences denote the absolute improvement achieved by the proposed method when compared to the reverberant signal. Figure 4 presents the segmental SRR difference between the estimated clean signal and the equalized reverberant signal. It can be observed that for the vast majority of tested cases, the proposed method has achieved significant reverberation reduction and has produced better results when compared to the reference IRMM and the modified IRMM. The improvement was up to 6 dB (for the acoustic guitar signal in room I10), the method being unsuccessful only for the cello signal in room I1. In general, the reverberation suppression of sounds with rich spectral content and complex harmonic structure (i.e., cello) was found to be more challenging, although the proposed method achieved reverberation reduction even under these conditions for the great majority of the tested RT scenarios. Generally, in terms of SRR improvement, the use of the modified IRMM as a rough spectral estimator appears to produce better performance for the proposed method.
Segmental NMR evaluation
NMR is an objective measure which takes into account some properties of the human auditory system. 18, 40 It registers for the audible (non-masked) components and lower NMR values denote better signal quality. 33 The NMR difference between the estimated clean signal and the reverberant signal is derived as In Fig. 5 , the NMR difference between the estimated clean signal and the equalized reverberant signal is presented. Again, the proposed technique has achieved significant NMR improvement for almost all tested cases. The NMR improvement was up to 11 dB for the case of the male speaker and cello (RT 60 ¼ 0.7 s), though a decrease of about 2 dB was observed again for the case of the cello sample in room I1 (RT 60 ¼ 1.47 s). The results obtained with the modified IRMM rough spectral estimator were in general better in terms of NMR improvement; however in specific cases, the modified SSMM was proved more efficient. On the other hand, the IRMM and especially the modified IRMM seem to produce notably better results in terms of NMR for the percussion and the speech samples.
C. Objective evaluation for speech signals
Cepstral distance evaluation
A frequently used objective measure to evaluate speech quality is the cepstral distance (CD), 17, 47 calculated as
where c k and c k are the cepstral coefficients of the speech signal under evaluation and the clean signal, respectively, and p is the order of the linear predictive coding (LPC) analysis. Here, the calculation has been made using the 20 first cepstral coefficients.
The CD difference between the estimated clean speech and the reverberant speech is derived as
In Fig. 6 , comparisons of the CD differences for different methods and RT conditions are presented, noting that negative differences indicate an improvement in terms of CD. In all tested cases, the proposed technique has achieved a CD improvement and performed better than the other tested methods. It can also be observed that every other technique except from the IRMM (for RT ¼ 1 and RT ¼ 1.47 s) and the Wu and Wang method (for RT ¼ 1s) fails to reduce the CD when compared to the equalized reverberant signal.
PESQ
The PESQ measure 17, 48 implements a perceptual model in order to assess the quality of the tested speech signal and rate it according to the five grade mean opinion score (MOS) scale. It has been found to correlate with subjective listening quality tests and to perform reliably across a wide range of speech coding and network transmission conditions. 17 The PESQ difference between the estimated clean speech and the reverberant speech is calculated as
Note that positive DPESQ values denote enhanced speech quality. Here, in order to employ the PESQ measure, all signals have been down sampled in 16 kHz. In Fig. 7 , it can be observed that all methods except the SSMM and the modified SSMM achieved an improvement in terms of PESQ. However, the proposed technique has achieved considerably better results for all tested scenarios. Furthermore, the present study indicates that the use of the modified IRMM as a rough estimator appears to be advantageous in all cases, although even when using the modified SSMM estimator, the proposed approach still significantly enhances the reverberant signal.
D. Subjective performance evaluation
To subjectively assess the performance of the proposed method, a version of the MUSHRA test 49, 50 was conducted. The listeners were asked to compare each test signal to a reference and rate their similarity. For each of the three tested RT cases (RT 60 ¼ 0.39, 1, 1.47 s), the experimental stimuli were (a) the equalized reverberant signal, (b) the clean signal obtained with the modified IRMM, (c) the clean signal obtained with the proposed method using the modified IRMM estimator, and (d) the clean signal obtained with the proposed method using the modified SSMM estimator. The reference signal was the corresponding anechoic, while the hidden anchor was a low-pass filtered version of the reverberant signal (as defined by the standard). The listeners rated the resemblance of each tested signal with the anechoic reference in a 0-100 scale. A score of 100 indicates that the subject could not hear any difference between the test signal and the reference; conversely a score of 0 indicates that the subject could hear large differences. The five test stimuli types (percussion, guitar, cello, male speech, and female speech) were presented through headphones (S-Logic, Ultrasone AG, Tutzing, Germany) to the listeners. The subjects were able to switch with their mouse between different stimuli, via a computer interface. A training session preceded the formal experiment, and the subjects were allowed to complete the test at their own pace without any interruptions from the experimenter. The experiments were conducted with 23 male and female (self-reported) normal-hearing experienced listeners. Figure 8 (a) shows the listener's subjective ratings averaged across stimuli and as a function of RT, the error bars representing the 95% of confidence interval. For the lower RT case (RT 60 ¼ 0.39 s), the subjective ratings showed that the equalized reverberant signals were perceptually closer to the corresponding anechoic than the estimated clean signals obtained with the modified IRMM. This is probably due to the fact the unnatural sound and artifacts of some processed signals are perceptually more irritating than the actual late reverberation for this case of low reverberance. However, the two versions of the proposed approach have achieved significantly better results than the reference modified IRMM. For all other tested RT scenarios (RT 60 ¼ 1, 1,47 s), the estimated clean signals through modified IRMM and the corresponding reverberant signals were equally rated in terms of their resemblance to the anechoic references. In both cases, a significant improvement was found for the clean estimations obtained with the proposed approach. The collected data were subjected to an analysis of variance (ANOVA) to reveal whether the differences presented above are statistically significant and a significant interaction between the tested method and RT [F(61320) ¼ 2.51, p < 0.05] was noticed. Note also that the ANOVA revealed a significant main effect for the tested methods In Fig. 8(b) , the listener's subjective ratings, as a function of different sample types, averaged across RT are shown. Again, an ANOVA has shown a significant interaction [F(12 1320) ¼ 1.89, p < 0.05] between the tested method and the sample type. A comparison between the different ratings in Fig. 8(b) reveals that sounds with richer spectral content and complicated harmonic structure were rated substantially better in all cases and it appears that it is easier to identify reverberation when a less complex sound is involved. Nevertheless, it is significant that the proposed technique was found to produce clean signal estimations that were perceptually closer to the original anechoic signals for all sample types. The top ratings were observed for the cello and the guitar samples and better results than the modified IRMM were achieved for all cases.
In Fig. 9 , the listener's mean subjective ratings averaged both across stimuli and RT are presented. From this, it appears that results obtained by the proposed method (using both rough clean estimate options) are proved to be perceptually closer to the anechoic signals than the corresponding reverberant or the clean estimations obtained by the modified IRMM.
IV. DISCUSSION AND CONCLUSION
A. Discussion
Some aspects of the performance and the relative advantages of the proposed method will be further analyzed. First, some contradicting findings from the results regarding the objective and subjective evaluation for the case of cello signal will be discussed [Figs. 5 and 8(b) ]. Note that for the former case, the method was found to perform worser than the modified IRMM, whereas for the latter case, the method was rated better than the modified IRMM. Here, we should consider that reverberation affects signals at a varying degree, largely depending on their relative amplitude modulation spectra 22 and consequently signal-dependent variations in the dereverberation performance must be expected [see Figs. 4, 5, and 8(b) ]. For the case of steady-state signals such as the cello, reverberant components are not easily detected and removed, especially during the overlapping notes in contrast to transient signals, where detection of late reverberation is more feasible. However, such a performance deficiency perceptually appears to be less noticeable. It should be also noted that the block-based frequency domain masking model employed for the NMR (Fig. 5) appears to be less appropriate to deal with inter-block related reverberation artifacts than the CAMM employed by the proposed technique. Hence, for such cases this evaluation approach may be less adequate to predict well the method's subjective performance ratings, taking also into account the well-documented diversity between objective quality measures and the listener's perceived effects due to reverberation. 51 Therefore, most objective measures appear to evaluate the general quality of the produced signals rather than the dereverberation procedure itself. 52 Significantly, the proposed approach has achieved top ratings on the MUSHRA test, noting though that all methods achieved relatively low ratings especially for the percussion and the speech signals. These results indicate that some reverberation remains after processing and that some processing artifacts are introduced. In fact, such relatively low subjective quality ratings are common for blind dereverberation processing 52 and also for blind audio source separation, 53 which are both complex and largely open research problems. Nevertheless, the higher scores for the proposed method indicate that it suppresses late reverberation and introduces less audible processing artifacts than the previous methods. In a simplified way, the present method acts like an intelligent multiband compressor aiming to suppress the audible parts of the reverberation tails. For the worst performance cases, this can introduce a mild gated reverb effect that may be judged as artificial. On the other hand, extreme distortions and coloration that appear in other dereverberation approaches are largely avoided resulting in enhanced signal quality and to better subjective test scores.
Note also that in most short time Fourier transform (STFT) based approaches, several parameter values such as the length of the frame window or the early/late reverberation boundary may have a strong impact on the final result. Here, a largely temporal domain analysis and processing is employed over perceptually significant sub-bands so that the method can address some inter-frame effects due to late reverberation. Furthermore, most other late reverberation suppression methods have been developed for speech, being fine-tuned for sampling frequencies of 8 and/or 16 kHz while the present work is realized for broader bandwidth of 44.1 kHz signals. This results to a significant increase of frequency resolution and also may explain the reduced performance of the other reference techniques used for comparison here, even if the authors have carefully experimented and selected optimal parameters for them (see Appendix A).
Finally, the proposed technique aims at suppressing late reverberation which is known to adversely affect, apart from the listener perception, also the ASR system performance. 54 Some preliminary informal tests conducted by the authors using the proposed approach have indicated an ASR improvement. Note that the proposed technique identifies and processes separately the time-frequency regions that are badly contaminated from late reverberation, so that some similarity exists to the "missing data" principle for ASR under reverberation as described by Palomäki et al. 54 However, proper evaluation of the proposed approach for ASR and for music recognition tasks will be presented in a future work.
B. Conclusion
The present work has introduced a new blind method for suppressing late reverberation from speech and audio signals. The proposed technique employs a perceptual model to identify the perceived alterations due to reverberation in sub-band signal regions. Then, appropriate envelope gain functions are derived via a novel heuristic approach and a temporal sub-band envelope filtering is performed in order to suppress late reverberation and derive the final clean signal estimation. The performance of the proposed approach was evaluated for different speech and music signals as well as measured rooms of varying RT and the derived estimations indicate that the proposed technique achieves substantial reverberation reduction without introducing significant artifacts. This finding was supported by the results of the objective tests that demonstrated a significant improvement in terms of segmental SRR and NMR for audio signals, as well as CD and PESQ for speech signals. A subjective evaluation test was also conducted to indicate the perceptual similarity of the processed signals to the corresponding anechoic signals. In all the tested cases, the proposed technique was found to improve the estimates when compared to the reference method and also to subjectively achieve considerable late reverberation suppression. estimation errors for different signal cases. Although typical values of c 1 range between 0 and 1.5 and of c 2 between 0.1 and 0.5, here these values were 0.5 and 0.4, respectively, as informal tests have shown that the above values provide satisfactory results for all tested cases. All included methods were implemented by the authors.
APPENDIX B: BRIEF DESCRIPTION OF THE WU AND WANG LATE REVERBERATION SUPPRESSION METHOD
The method proposed by Wu and Wang 20 is motivated by the observation that the smearing effect of late reflections produces the smoothing of the signal spectrum in the time domain. Hence, the late reverberation power spectrum is considered a smoothed and shifted version of the power spectrum of the reverberant speech, jRðx; jÞj 2 ¼ cwðj À qÞ Ã jYðx; jÞj 2 ;
where q is a frame delay, c a scaling factor. The term w(j) represents an asymmetrical smoothing function given by the Rayleigh distribution, 
where a represents a constant number of frames. The phase of the reverberant speech is combined with the estimated clean signal's spectrum and overlap add is used to extract the time domain estimation.
